1 In general, when transmtting any signal via different 5 transm ssion
routes, a non-ideal transm ssion chandel nust be assuned. In travel i ng
to the receiver, the signal may be attenuated and reflected, e.g., at
connection points or obstacles. In the case of time- discrete systens,
this signal is sanpled in an A-D 10 converter with a fixed cl ock pul se,
synchroni-sed by re- . sanpling at the n-fold nultiple of the sanpling rate
(and/ or of the synbol pulse) and the relevant signal level is allocated
to a synbolic value. If the transm ssion channel is non-ideal, this |eads

to small _ 15 eyqlggen[ngs and, in extrene cases, to an jncorrect synbol
al | ocati orf! 9%7%Fdter YoFRonpenReltbEiPredlYertgre!l §f 3t Re SF45S ssi on

channgl, & 12GR YelofuslyCon! 3N, ah-1 6EYE! LSghsnilsS obr Q¥ldesia system
behavi our, ich, Tn the case of an exact conpensation of the linearity
error, 20noperiat essisumad. eXactkyvehvengetoahher reaetivet, r &hem ssi on

behavi our of the transm ssion channel. Tg ingrove the quality of
recepti ort BN he"2Y AR i tt e 2 heSsahe, “§EhEFaFneS&sEras 3or the renoval

and/or 25: 4858 &d €44 0P Pt LT PSP S8k eNeENt eLf epencs saust: be ,dnpl enent ed
al ongsi de conti nuous conpensation of the Ilinearity error with an

equal i serdistegrat edsiemshethieceigeel 36 Saggeéstedrselnuti-éns, which
represent the state of the_ar

t i tEis ont ext re presented in a
toxt Bok B KTT5T KAhhyBr © X RelcFir PEht BRABEY { PGSO VeSS ade 1O
Transni ssinb1: ASEN: 3t5d9n16342- Ful St Pt bOBEL £ n3996moNages 196 205. Wth
t hese suggested nethods, the coefficients of a series 2
{and/or cf the symbol pulse) and the relevant signal
level is allocated to a symbolic value. If the
transmission channel is non-idezl, this leads to small
15 eye-openings and, 1n extreme cases, to an incorrect
symbol allocatien. In order to compensate linear errors
of the transmission channel, a receiver must contain an
equaliser. This provides a sysiem behaviour, which, in
the case of an exact compensaticn of the linearity error,

20 operates in an exactly inverse manner to the transmission

behaviour of the transmission channel.

To improve the quality of recepticn of the transmitted
message, general measures for the removal and/or

25 restriction of transmission interference must be
implemented alongside continucus compensation of the
linearity error with an egualiser integrated in the

recelver.

36 Suggested soluticons, which represent the state of the art
in this context, are presented in a textbook by K. D
Kammeyer, “Nachrichteﬁabertragung” [Message Transmission]
ISBN 3-519-16142-7. Stuttgart, 1996, pages 196-205. With

these suggested methods, the coefficients of a series-



-connected equaliser required for optinum equalisation are calculated via
iterative optimsation algorithns on the basis of pseudo-random
sequences of transm ssion data and the associated data sequences
received at the end of the 5 transm ssion channel. A two-stage nethod,
wher ei n tHRN&HGhet it e Fedpbire For derbrhihedItalaSfFrsP &f&ge,

and, the I cients.: of. n ] SSI IO Lch are in
i or- | S 1 THor S AT e O P St Serorheihe "Ha. e o
exact equadisatdOnpoiudd-taeddm ansqbsston channehsmaseical aakat eddf rom

the channel inpul se response, in the second stage, does not exist. The
present iTferRiRFiattaserl dnoewecdbfecieotlvadvel opiRgeBIn8tnbaE wherein

the channel,upul set esponse 15, 5, deLerdl nedoyshng, fobor gation avai | abl e

inthe equaliser o e recelver, in order to provide a run-tine
neasur emeritarfrorl tihepuesectegronde obst dct esminetihén br Ahsstssikangeghannel

20 Thi s gﬁ{ect is achieved by the features of claiml. The filter
coeffici ity diPg HePehtafieers art BihF U5 "avar FabFB 88180 st arti ng poi nt

for the neihodi gecarti g 10e the hWVeptL pRagdhesersancBerdgtepntaed with
an adaptive 25 nethod, e.g. wth reference to Kammeyer, i1bid. Since

conpl et e Eguale saquahi byrt e egeataserodfanhexatraasnedssonisingndl
subj ecte to_ginear.distortion %?rou h the irgnan&ssiog chaBneI LS a
prer eléui Silt%, MM HENR | SR AR sSFOnCHUREL bR STPRvEREe CPEfé 30
transm ssiggi fadctd Hhoée | hen eanal tseind As€Edl Ngb¥s natt ekigxchangi ng
the denom nator and nunerator terns of the equaliser transm ssion
function, the coefficients of the channel transm ssion function

cor respong, exactd ¥ { 0 n e CORTILGLe0LS Of 1hE s@YaLisgk transm ssion

function.
developing a method, wherein the channel impulse response

15 13 determined using infocrmation availakle in the
equaliser cf the receiver, in crder to provide a run-time
measurement for the detection of okstacles in the

transmission channel.
200 This object is achieved by the features of claim 1.

The filter coefficients of the equaliser are already
available as a starting point for the method according teo
the invention. These can be determined with an adaptive

25 method, e.g. with reference to Kammeyer, ibid. Since
complete equalisation by the equaliser of the
transmission signal subjected to linear distortion
through the transmission channel is a prerequisite, the
channel transmission function is inverse toc the

30 transmission function of the equalisef. Accecrdingly,
after exchanging the denominator and numeratocr terms of
The egualiser transmission function, the coefficients of
the channel transmission function correspond exactly to

the coefficients of the equaliser transmission function.



J The interpolation points of the chapnel inpulse response are
calculated fromthe z-transforned of the transmi ssion channel using the
inverse z-transformation according to the equation: 5

I K(n)=(1/2(err))(err)HK(z)*zn-1dz (1) , Existing nunerical methods for

resolvina%%iﬁ&%ﬁgpg&ﬁﬁ J:ﬁ?%ﬁ%% ﬁ&ﬁ§ﬂ#?éﬂ“ﬁwé i%ﬂ??&%ﬁ oh*FHe“one hand,
too expensivezanthi 2R d et hele hantha dor NateProvides sphfibgi 8t oaccuracy
for the present application. The invention overcones this difficulty by

usi ng t hehenverdsesifFgurther itrrearsforaet o foomthen disceedéngotei er
spectra %5 of the.transm ssion path to calculate the discrete sanpled
val ues of "Fh&LHarTél’ i npul se response, instead of the inverse
z-transformation of the z-transforned of the transm ssion channel. 20
One necessary prerequisite for the use of the inverse Fourier
transformation instead of the inverse z- transformation, is alimted
nunber of i ntqrpelat Of Ak g™ the discrete tine fypction to be

t ransf or ned. 1 g?tegéggnﬁ?ﬁgﬁuzdgk di screte tine functlzn, t he 25
invention uses the coefficients of the equaliser as input paranmeters for

the 1! eRnkallo e & IRANRIR FAU | 8lco L ANST PIARLY QR gDy Lact . 1
the discrete equaliser transm ssion function (the z-transtforned) k _FIRL
30 HIE (Zn induskkRyR2)prekkYa;e Ar'e n=dn 4che one hand, too

expensive and, on the other hand, do not provide

sufficient accuracy for the present application. The

invention overcomes this difficulty by using the inverse

Fourier transformation from the discrete Fourier spectra

15 of the transmission path to calculate the discrete
sampled values of the channel impulse response, instead

of the Iinverse z-transformation of the z-transformed of

the transmissicon channel.

20 One necessary prerequisite for the use of the inverse
Fourier transformation instead of the inverse z-
transformation, is a limited number of interpclation
points of the discrete time function to be transformed.
Instead of the usual discrete time function, the

25 invention uses the coefficients ¢f the equaliser as input
parameters for the implementation of the discrete Fourlier
transformation. In fact, if the discrete equaliser

transmission function (the z-transformed)

k FIR

0 Hy@Z)=—"t ©)

kIR

1+—§:an-z'“

nel



is transferred via the perm ssible substitution z=e((err)+j(err))T

(where a=0, nme2nf, T=synbol duration) “into the formula: k FIR 2mf T {
-e HEM) k//R (3) 1+ Yan e-jn" fT ,i=1 5 and this is conpared with the
formula for calculation of the discrete Fourier spectra X(k)_fromthe
cor r esponidi rigardifsorete tiaetfanetinhesible’ sub30iXekjen' p5e19)€- 1 2Aan1Nr
(4) NF 11=0 a mat hematical anal ogy for calculation of the discrete
Fourier sippétea oX(%) PTHR t he=dy8er bt @UERRRORUNEREBNTRENY O T8 A 2he

recogni sed in the nunerator and denom nator terns 15 of the discrete
transm ssion function HE(f) of the -equaliser, if the follow ng
conditions are fulfill:edt 1. The running index n of the algebraic sumin
the denoninator of HEQEP, begii&" with 0 instead of the previous 20 1, and
the coefficient ) %j__q =0 _so that the originally- initi@j 1in the

denoni nator termof HE ’"§ﬁ’3 i s d.Ategrated into the sumfunction 2. The
sequences of the coeflffi 2LBnt% an and b" of the 25 discrete equal i ser
transni ssion function HEf) are limted (n(denominator term) <= k_IIR
n(numérator tern <- k-FIR). 3. The nunber NF of interpolation points of

the di scrgie 130 Fourd&hpd raast of et honsXkh1bsrereaberutBan ohhe fmaxi num

the discrete Fourier spectra X (k) from the corresponding

discrete tTime function:

Np—l
10 Xk) = NL Zx(”) g i2menl Ny 4)

F n=0

"a mathematical znalogy for calculation of the discrete

Focurier spectra X (k) from the discrete time function x(n)

can be recognised in the numerator and denominator terms
15 of the discrete transmission function Hg{f) of the

equaliser, 1if the following conditions are fulfilled:

1. The running index n of the algebraic sum in the

denominater of Hg(f) begins with 0 instead of the previocus
20 1, and the coefficient ap is 1, so that the coriginally-

initial 1 in the denominator term of Hg (f) is integrated

into the sum function

2. The sequences of the coefficients a, and by of the
25 discrete equaliser transmission function Hg(f) are limited
{n(denominator term) <= k IIR, n(numerator term) <=

k TIR).

3. The number Ny of interpolation peints of the discrete

30 Fourier transformation X{k) is grezter than the maximum



5 of the nunber of summands in the nunerator termk -FIR or the nunber
summands in the denominator termk IR 4. Fromthe comnbination of
condition 2 and condition 3, 5 it follows that ‘the remaining
coefficients an with running indices between k _11R and NF,__and b" with
runni ng i97ditdEs NBEGRENT G FIIRREY NF die 0Urewe Cohet PEBakof TRhET

nventi on s 1. gexpl Ol tihs 11008t henmli cal oanal oqyy Begause t he

sequence 0 an and e equal I ser ansm ssi on
function HE(f) is limted (condition 2) and all the other conditions

| i sted above can be fulfilled, the coefficient sequences an and_bn of
the equald-ser T5uhshi®sTHRRIBAF1fet PONSOMEY FIORan BBAUSERIEER OFhE -

cal cukatign ofy thes discrete Fouriernsnestia:of hhe Lransih seif hannel

Hk(f) instead of an appropriate ete tine unctlon x(n). For“this
pur pose, irhelchsdretw=douki ek sp@cliy aaadeb,cal col atedisgpandtieky for the
numer at or and denom nator 20 of the equaliser transm ssion function HE(f)
from t he Pdetfsin Matosr Toef¥s G%nts an and the nunmerator coefficients bn.
The desired discrete Fourier spectra of the transm ssion channel Hk(f)
are then obtained, taking into account the inverse transm ssion

char act elli®st,i ctibetiken @6 the iresshissi ba thasnploahdthhe equal i ser, by

d de tor. F bt d by_.th t
Four 8 SUTTE O T hev Guliary st t7 anent 8i OROPORCET B, | By contrast wi th

the al t erawdf & Dént heaz-diangf ermeticorqu3Q ikhe $olaManansdisimg t he
di screte Fourier transformation neans that only a linted nunber of

di scret e THRT N pdot rid st s beewrlidulat . etk , TRReCHBSTE
S'gn'f'CQQﬁuﬁﬂ¥ﬁ§ﬁ§gleEe&h§b8§éhQQnaﬁgofgifglﬁnghEhe coefficient

sequences ap and b, of the equaliéer transmission

15 functions Hg(f) can be used for the calculation of the
discrete Fourier spectra of the transmission channel Hy (L)
instead of an appropriate discrete time function x(n).
For this purpose, the discrete Fourier spectra are
calculated separately for the numerator and denominator

20 of the egualiser transmission function Hg{f} from the
denominator ccefficients a, and the numerator coefficients
bn. The desired discrete Fourier spectra of the
transmission channel Hy{f) are then obtained, taking into
account the inverse transmission characteristic between

25 the transmission channel and the egualiser, by diﬁiding
the denominator Fourier spectra obtained by the numerator

Fourier spectra of the equaliser transmission function.

By contrast with the alternative of the z-transformation,
30 the solution using the discrete Fourier transformation
means that only a limited number of discrete Fourier
spectra need to be calculated. However, the most
significant advantage of the method according to the

invention is the use of the fast Fourier transformation



invention is the use of the fast Fourier transfornmation O for the
di screte Fourier transformation and al’so for the inverse discrete
Fourier transformation. The efficiency of calculation can be
significantly jincreased through t he % of the fast. Faqurier

us
transf or metT on 'S fOtSwhF R tHeT 58I GORPERRTFEGUPPeS A AirfiCsed cdlul at i on
oper ati ongyyeflal §BslrlPe 14-pFONderafuantagequs f uhiherrrdemelppments  of
the invention. 10 To provide a visually clear presentation of the

di scret e cChamhellabpuhseanesponsgnifheasanpl edcvakbges! dhrchgh dienne

i mpul se response_nust_be subjected to additional _signal, processing. This
addi ti onaf® i%hafh%yb@%ksfﬂdLf?ﬁcfﬁaEELSfﬁﬁfﬁﬁproﬁo5fW§ﬁ§%ﬁdﬁﬁinunbers
for the conpbexcie Lagelpokakiannpakbnt 8.0ty he jchanpel-sitiRMse response.
An expedi ent presentation of the level values found in a

sem -logarithm c scale corresponding to the presentation selected in

Figure 1, requirgs, a garithmatign_of _the sanpled val ues of the channel
mul oo 1SEBORS e ROt hS B6o LNt RF BcassRg ShRGE IR Ay P Lapar | Son
of the I|ervethofithentndhyidual interpolation points of the channel

i mpul se response is supported by a scaling of the individual sanpled
values with reference to the | argest sanpled value. A sorted

present at4 calk i e ful . i on of

P ornt 50 Por L aE & Oy R RS e iPa thanncl

i mpul se relsponse irnppiesentspohseesi ghal saofleke vialarsmossitdre | npul se 30

refl ected at infividu | interferenceﬁgo'nts in the transm.ssion channel .
A conver stPR Bt hBPFOESL FBAEOTRS T Pn SHPSEE t8EC iid ST AHE 5 mpul ses
I nto signal processing. This additicnal signal processing

includes a formation of absclute-numbers fcor the complex

15 interpolation points of the channel impulse response. An
expedient presentation of the level values found in a
semi-logarithmic scale corresponding to the presentation
selected in Figure 1, requires a logarithmation of the
sampled values cf the channel impulse response in the

20 second processing stage. Finally, a ccmparison of the
level of the individual interpolation points of the
channel impulse response 1s supported by a scaling of the
individual sampled values with reference te the largest
sampled value. A sorted presentaticn cf the scaled

25 impulses represents a useful reduction of information for

service personnedl.

The individual pulses of the channel impulse respconse
represent echo signals of the transmission impulse

30 reflected at individual interference points in the
Transmission channel. A conversion of the locations in
time (in micro seconds) of the impulses into
correspending distance data - by multiplication of the

calculated time by the transmission velocity (in the case



correspondi ng di stance data - by multiplication of the <calculated tine
by the transm ssion velocity (in the case 7 of radio transm ssion: the
speed of light) therefore significantly sinplifies the geographical
identification  of obstacles rel a%i ve to the pasition of the nobile
measur i ng®equf phent TEBSEESFAETI5L 06 EBSRE Ste £FTE /diGiFSt Stor age

medi um  as; GOIPYLER L PYOYE AR ARALAT R CORBUL LS RLhWare fraduct {5 the

i npl enentation of the nethod according™tothe invention. 10 An exenplary
enbodi rentf obbsheciaventiiohivs desthichedsin iogr edt ethedetdidldel ow with
reference to the drawings. The drawings are as follows: 15 Figure 1
shows an %?%ﬁBFéngfeguéggﬁﬂFc representation of the channel inpulse
response; Figure 2 shows a signal flow chart over a transm ssion path;
20 Figure 3 shows a signal flow chart of an equaliser wth a recursive
and a noncretuesifetpi LBerelport tong 28 oRitgur es A ashowsliai) ow chart
explaining t he,_net hod rand 4g/accordin% t 0 theFinvention(%or ggternining
t he chann ?mPHﬁﬁFs%r?gsﬁgngg P Ritat - Uit c P& §W5ﬁﬁ(§ﬁo - o]f:igure 5
shows a fiew ehpremexpkakBhngrt hgcneichodd acerdiing e tdhes i nvention for
determning the |local nmaxima of the interpolation points

invention.
10
An exemplary embodiment of the invention is described in
greater detail below with reference to the drawings. The
drawings are as follows:
15 Figure 1 shows an example of a graphic representation
of the channel impulse response;
Figure 2 shows a signal flow chart over a transmission
path;
20
Figure 3 shows a signal flow chart of an equaliser

with a recursive and a non-recursive filter

portion;

25 Figures 4a shows a flow chart explaining the method
and 4b according tce the invention for determining
the channel impulse response in a time-

discrete system; and

30 Figure 5 shows a flow chart explaining the method
according to the invention for determining
the local maxima of the interpolation points

of a channel impulse response.



of a channel inpulse response. 8 Thegnethod according to the invention
for determning the channel inpulse response in a tine-discrete system
is explained belowwith reference to Figures 1 to S. 5 The invention

descri bed.hel ]ﬁﬁf A ifansm ssi on path;  as-shown. Lo, Figure-2. The
transnitﬁg%:ﬁ%%t t he syé%e %Lﬁ%%ig%r@%eé%ﬁi%ed ﬁgt%gg tra%snﬁgsion
functi on diS(fel timansmd sressegsal n whi thneésdassueed tgsbemi deal . Thi s

transmtted signal is transnmitted via a transm ssion 10 channel 2 (radio,
cabl e, aiF*Phwt e &L e 155nsHiSSi b behavEdur 6P Phe transmi ssion
channel 2 is described by the transm ssion function Hk(f). At the end

of the transm ssion channel, the transmtted signal is received by the
recei ¥er The whin tias: tdesdr dnswi sslon dS5stmact # ohrMEER) ssThe pecéi ver 3
cont ai ns, angngst ot her cog%o nts, an quaIiSfr 2% ¥Eich egualises t he
transm sston’ at” gltﬁ%? -t BPF i WeAP ST St t FoRThY FARE SYPERTM ssion
channel 2,120, ihe- equad+ S€Eq %y'@h@eﬁﬁéﬂérﬁﬁgsPé’ntB&ngﬁ\_{bﬁe%g?ﬁem ed in
Figure 3. This device has a direct structure and consists of the

non- r ecurtsiaresniftihia esigmpil sevkespohseassENR) £0| ber ideaponéhis22, the

recursiv infinitesimulse-.re nse.= IR .filter_conmponent 23 and the
sunnatioﬁ]g qg%ae?uégﬁn el?hgﬁgn%Tb%%?do%l?h% ﬁgﬁyﬁggﬁﬁgpbe filter

conpapentciZzhnsl the(sd@ing) xdw)eys egeryvedzpért Becsampirhag- time index n,
which is supplied to a first delaying elenent 51. The del aying el enent
51 del aystRaesTsh HHen g2 vHyua Sanpie ngr perrbdas FoangheReret ér é Sgener at es

the si gnale 0 x(0s 1y U Se 1908 o X(o Ly uhse dehayer Py A sappling  period
(and/ or synbol duration) T by each of the further
' of the transmission channel, the transmitted signal is
received by the receiver 3, which has the transmission
15 function He(f). The receiver 2 contains, amongst other
compenents, an equaliser 21, which equalises the

transmission signal subjected to linear distortion by the

transmission channel 2.

200 The equaliser 21 is determined by the device presented in
Figure 3. This device has a direct structure and consists
of the non-recursive (finite-impulse-response = FIR)
filter component 22, the recursive {(infinite-impulse-
response = IIR) filter component 23 and the summation

25 element 4. The input signal of the non-recursive filter
component 22 1is the signal x(n) received at the sampling-
time index n, which is supplied to a first delaying
element 5;. The delaying element 5; delays the signal x{n)
by a sampling period T and therefore generates the signal

30 x{n-1). This signal x(n-1) is delayed by a sampling
period {(and/or symbol duration) T by each of the further
delaying elements connected in the chain, which have
identical delaying behavicur to the first delaying

element 5;. The number of delaying elements of the FIR



del ayi ng el enments connected in the chain, which have identical delaying
behaviour to the first delaying elengnt 51. The nunber of del aying

el enents of the FIR s conponent -connected in the chain corresponds to
the order k -FIR of the FIRfiltered conponents. Accordingly, the.

chain of %ﬁ%ﬁﬁ}%ﬁm‘% n; f hey £ &giﬁtsérfeggeﬂsgt +82neonthayes

after the d element 51 with delaying 5 elenent 52 and ends with

del ayi ng lel®ifentf Sk RRIFHEl 1 ped somgpaheotst hdctastiidgllayi ngeel ement i s
therefore the signal x(n-k FIRH ) recejved_ at the sanpling time wth
t he indefﬁ%ﬂplﬁé%ﬁf White ¢ %m%%%%c?%tEﬁeoﬂgﬁu%lgFﬁﬁaFomPgnﬁﬁé gﬁgna

x(n-k H|®oﬂﬁ¥ﬁﬂé@“&fﬂeﬁr%héa@@iéﬁgnéi@?eﬁ@n%ﬁBP'&f@hiﬁgﬁéyﬂﬁ FIR After
mul tiplication by the coefficient b0"in the nultiplier 60, the received
si gnab x(aWenientsupplaned anelst hel trs ety iony e laamemt 4%« b - afihiedenpiutal

manner, the del ayed 15 receiyed signals x(n-1) to x(n-k FIR) generated in
the i ndish U S e 8 O e Be Bk E ke o ue RS o TSt L very
conbi ned @nghsupplied torihe supaelé@ns: el paestinAlihherdakayednrecei ved

signal x(n-1) generated by the delaying element 51 i's therefore supplied
to the 20-Tsunmdeomdhenehtl 4 Wiike WhEtapbpcasted bytrhg sdeelficient bl

inthe nultiplier. 61., The del ceive i I n-k FIR)._generated
by the de:%ﬁﬁﬁﬁ %ﬁ%%%%txg%-€+€?§Fs£§%§%¥?gda?ogE%eséﬁﬁ%épﬁoﬁag%enent 4
af t ertonulyit iged i Diddy the eoefficient bk FIRin the multiplier 25
6k-FIR The input signal of the recursive filter conponent 23 is at the

sane tinme the output signal of the equaliser 21 y(n) at the

sanpl i ng-A4 My iNAEX; Ph AAG: CORTESPORNES L+ ENient by in the

multiplier 65, the received signal x(n) is supplied to the
summation element 4. In an identical manner, the delayed

15 received signals x{n-1) to x(n-k FIR} generated in the
individual delaying elements 35; to Sx_rir Are
muitiplicatively combined and supplied to the summation
element 4. The delayed received signal x(n-1) generated
by the delaying element 5; is therefore supplied to the

20 summation element 4 after multiplication by the
coefficient b1 in the multiplier 6;. The delayed recelved
s$ignal x(n-k FIR) generated by the delaying element D5y pr
is supplied to the summation element 4 after
multiplication by the ccefficient by prr in the multiplier

25 6k_FIR .

The input signal of the recursive filter component Z3 is
at the same time the output signal of the egualiser 21
y(n) at the sampling-time index n and ccrresponds to the
30 output signal of the summation element 4. In the
recursive filter component 23 of the device 1, the cutput
signal y(n) of the equaliser is supplied at the sampling-
time index n to a first delaying element 7,. This delaying

element 7:, which has the same delaying characteristic as



30 out put signal of the summation elenent 4. In the recursive filter
conponent 23 of the device 1, the outﬁ%t signal y(n) of the equaliser is
supplied at the sanpling- time index n to a first delaying el ement 71.
Thi s del ayi el epent 71, which has t{he sane delaying characteristic as

10 the d@?%yﬁi%lga&%ﬁeﬁ%gmgwo 5KEG | R o7 Oho SAENTFECHEGVE LU | t or
conponentc 22, g abasnanaoyt BEEe%'ag@@l H(Bybbucdelared by sampling

period relative to the outpuf ~signal y(n hi's once- delayed out put
si gnal (@elayed Bydehayedmpy1ogepémnbueme§aMpwmngcpéﬁmodnﬁ¥nﬁach of the

further dela | ement s connect.e n the c n,. whi.ch  have | denti cal
dglaylng e % ﬂ?nfo E &SdeNayi A GgébgﬁeﬁPtpﬁflS?ﬁgahuﬁ%@}“%fJﬁ%lay:ng

el ement s @émg@dl }bf EhEt %rtﬁ@ﬂ‘pgﬁﬁpﬁl"ﬁ%n@%&&%@ iR therchal ngor responds
to the order IR of the IR filter conponents The chain of del ayi ng

el enent s fmrtherldﬁ&avhnereéempohenpoa@e@t@ﬁnghyth@omﬂﬁnmaswﬁuqh t he

del ayi | t 71.with del ayi th del
o ement 7R T RCHRE FRpUR e TS Ra DERE e Tase ErayiiG e
t heref ore7therdd wighat &£ ndk1dyRid)ereseivedoat thbersanphiihgrti me i ndex

n-k 11 R+, while the associated output signal is the signal x(n-k_IIR)
recei ved @eMPRABSBANBPNAGCLERR IMndke Fhakn| CRICZGRAMCS 4RUITDIGZIRT on

W th e ¢o i ke i Lier, 8% t C t put
o gnal® y(heriR §hnebs: 247 BithEr bR snane SR I SRR R
sumat i oneeeeerds 4n The deRayedt@mtpumpsm@malaqﬁbrd@ngky y(n-k 1R

gener at ed b¥ t he regglnln% delaﬁ elenents 72 25 to 7k-11R are
mul ti pl i cabiveryeeonbtRgd “aRdIguppEPEd SL6TERE “sutirati 6R1EVERENt 4 in an

identical cBABRE. 7TNenQULRYE with delaying element 7x_1rr. The input
signal of the last delaying element is therefore the
15 signal x(n-k ITIR+1l)} received at the sampling-time index
n-k ITR+1, while the associated output signal is the
signal x(n-k _ITR) received at the sampling-time index n-

k_IIR.

20 After multiplication with the coefficient -a; in the
multiplier 8;, the once-delayed cutput signal y(n-1)
generated in the delaying element 7:; is supplied to the
summaticn element 4. The delayed output signals y(n-2) to
y{n-k IIR) generated by the remaining delaying elements 7:

25 to 7y qr are multiplicatively combined and supplied to the
summatiocn element 4 in an identical manner. The output
signal y{(n-k IIR+1l) generated by the delaying element
Ty 11r-1 ©f the recursive filter portion 23 and delayed
k IIR-1-fold is then supplied to the summation element 4

30 after multiplication by the coefficient —ax rir-1 in the
multiplier 8y rr-:. The cutput signal y(n-k_IIR) generated
by the delaying element 7y 13z of the recursive filter

portion 23 and delayed k IIR-fold is supplied to the



signal y(n-k_ Il R+l) generated by the / el aying elenment 7klIIR_1 of the
recursive filter portion 23 and delayed k IIR-1-fold is then supplied to
the sunmation elenent 4 30 after nmultiplication by the coefficient

-akl TR-1 i th l.tipli 8k.IIR-1.. Th t put si | -k 1R
ggner at eaIl‘“ql@?ttellgf@méellel ﬁr%tgrllel STt W_ﬂ@;ﬁ%a #%n ?llﬁngg?zénfi I ter)

portion 23camddelmyed K LI Fnfohd hgisypphiedstq the 11  summation
el enent 4 after nmultiplication by the <coefficient -ak IIRin the

multiplier 8k _IIR The FIR conmponent 22 provides a transm ssion behavi our
5 with anp,l l.se response finite length., The FIR component. 22 is
used pri @EF%% gromggor?peenﬁcsa‘ﬁ &)nroovfmfﬁse ag%lﬁ%réssrf‘lsrﬁ%aoﬁll éeg%%gﬁént 23, by
contrast wiltds a& hficANSIE S Qrohehavi otinw d hi angtpurse response of
infinite length and is therefore primarily suitable for 10 conpensation
of post - EERFESEThe L oef fixg M Bl tiay bkoF| ForagdsahionocfakrER of the
mul tiplier t - ggg KI just vi.a adaptive
optim sa?ﬂic%lr?%%ét %5%‘5( flzfnPB su C§E’I'sler%rrtw(;nznzg’r 4ﬁa?£$%§g%?én§%1sséi on behavi our of
the equaldzseimiissidm ddteavideat wade, aexanpbysé nvessente btiie 15

transm ssi on behavi our of the transm ssion channel 2. In _this manner,

li near dit$fdrtitén I He ¥tdnisHi tSE L Hmaprime syt FRYCEPOm £Rter f erence

Sour Ggs Ipnte, ANy $81,00+ chamel | 2rican- ber eaualf sedppy: gegng, of the

equaliser. I'n tinme-discrete systens, additional Interfering pre-echoes

20 and pestd echots are px cducBr: byulthigplieear 6ditst ofd i-anahd 8t heo

transm ssji on channel. .2 grgm the_i ntI.ses t%ansn’i ting_ the useful data;
7 te® 78

t hese ar & *Bfoved D etufsf ndS RBRIPECES OV "EH S St uct ur es
of the egualH Semardfe dhehassacd alathdthikk £6n 48801 48rppeVvicde an overvi ew

of equaliser is, in the ideal case, exactly inverse to the
15 transmission behaviocur of the transmission channel 2. In
this manner, linear distortion of the transmitted signal,
resulting from interference sources in the transmission
channel 2 can be egualised by means cf the equaliser. In
time-discrete systems, additicnal interfering pre-echces
2¢ and post-echoes are produced by the linear distortion in
the transmission channel 2 from the impulses transmitting

the useful data; these are removed by the recursive and

non-recursive filter structures of the equaliser.

25 The associated Figures 4a and 4b provide an overview of

the method according to the invention.

Determination of the filter coefficients a; to ax_1rr and bg
to bx rin ©f the equaliser represents a first procedural

30 stage S100 disposed before the actual invention within
the procedure of the method for determining the channel
impulse response according to Figure 4. As mentioned

above, the filter coefficients are determined on the



t he nethod'according to the invention, Determ nation of the filter
coefficients al to ak IR and bo to B%_FIR of the equaliser represents a
first procedural 30 stage 5100 di sposed before the actual invention
within the procedure gé t he nethod,for,deteﬁniqtng the channel inpul se
response dThPt P ETGut 8¢ 4°P AT HEAL i+ BRed L 98hOVE  t e Fi Ifer
coef fici et s, AgLndet gl Al nednoNxiR-14- basig of an adaptive optim sation
algorithm e.g. in accordance with K. D. Kanmeyer, ibid. In the next
procedural stage S101, by way of preparation 5 for calculating the
di screte Fourier spectra of th ransm ssi on _channel. by neans .of
i Sor ot 6 FourTernFT aR6ror AT oS CERE Phbat UECtEr Afnp b pre assi gned
for the gt culBti Do Ofigt PR NYNBEALOE- Shdeidir-sehet-e rEoWwT ehe Spectra
A (n), and the input vector B(n) is pre-assigned 10 for the
denoni natlorassmes ¢i sorebenFolr pernspeast pPA BilesyeteFrdiouriies purpose, in
the first,_part_ of ocedural sta S101 e, two i nput vector (n) and
By both ot GhrER REve Bhe PGt RERE T arbr Soi Fed oRE T Thd Humber
of the sampleslyalyeschnothenti Aemeangeranddal 89 siorethe rtufireaquency
range of the Fourier transformation and, to be mneaningful, should be
greater tHRPCERR HakPhuntvdl BBeoinPReVesEPE BilEat LHuFBE 2GS I HEF R
conpagent ek, FLR the, LL R, £0pmR00g0t ok sELR of gt equaliser., I the next
part gf proc%@%ra nstag% ggg%, t he SFenents o?lthe 'ﬁbufzxect%gs 20 A(n)
and B(n) Bre phefepabbysassignedei Aitrhe paktowfngroreniveral Age 1 A(n)
=" T 051 Skl R B8 AL 52 B0 K ReT, S o umien
have the length Ny, are provided. Ny is the number of the
sampled values in the time range and alsc in the
15 freguency range cf the Fourier transformation and, to be
meaningful, should be greater than the maximum value of
the coefficient number of the FIR component k FIR the IIR
component k IIR cf the egualiser. In the next part of
procedural stage 5101, the elements of the input vectors

20 A(n) and B{n) are preferably assigned in the following

manner:

A(0) =1

A{n) = ap for 0 < n <= k_IIR
25 A{n) = 0 for kK IIR < n < Ng

B(n) = by, for 0 <= n <= k FIR

B(n) = 0 for kK FIR < n < Ng

The assignment of the input vectors A(n) and Bi{n) is

30 based cn the conditiocns already presented above for using
the discrete Fourier transformation on the fiiter
coefficients a, and by, of the equaliser instead of a

discrete time function.



B(n) =Db" for 0 <=n <=k -FIR B(n) =0 for k -FIR < n < NF The
assi gnnent of the input vectors A(n) d B(n) is 30 based on the
conditions al ready presented above for using the discrete Fourier
transformation on the filter coefficients an and bn of the equaliser

i nstead of" athelisereteresadufahciione 138021 nthRecHERLtpF6EEGTT al st age

5102, the, Ot put, el OLo. AL (), hi Sh Lo 5000dS L, Lhe fuBrALor - i de

di screte " Fourier spectra o e transm ssron function o

transm ssionr cdannedctk{ fdf tisecalantaiediby freansioh tife thedi screte
Fourier transformation fromthe input vector _ A(n), using the formula
(5): 1 NEmaneqpysloEaghyenedi iy M) 1 ors rakenlataE E) "eRESK2E 161 n an
| dent iscal o rBOnel o Qﬁrf&p&ae{gf&%aﬁi&ﬁ)fr&@' Eﬂe gﬂg&%sg%&%xto the
denom nator-side discrete Fourier spectra of the transm ssion function
of the triapsn sssomg chanfetmbk4f)5>)ts cal cul ated by nmeans of the
discrete Fourier transformation fromthe input vector B(n), using 15
the formula (6): 1 N._1 B (n)=-XB(k)e-jfor O <= n < NF (6) NF k=0 To
reduce the nunber oflnuMLipIications and additions 20 required for

cal cul ati on of 4Axfa)—and Bi(in)k sty the of ol aen(5) @nd (6)
respectively, the usérofsthe fast discrete Fourier transformation (FIT,
Fast Fourier Transforn) is proposed, because this significantly

10 In an identical manner, the output vector B’ (n), which
corresponds to the denominator-side discrete Fourier
spectra of the transmission functicon of the transmissicon
channel Hy{f}, 1s calculated by means of the discrete
Fourier transformation from the input vector B(n}, using

15 the formula (6):

L By e e for 0 <o n < g (6)

Ne o
To reduce the number of multiplications and additions

20 required for calculation of Af (n}) and Bf (n) using the
formulae (5) and (6) respectively, the use of the fast
discrete Fourier transformation (FI'T, Fast Focurier
Transform) is proposed, because this significantly
reduces the volume cof calculations by comparison with the

25 usual discrete Fourier transformation without a loss of

accuracy in the results.

The discrete Fourier spectra of the transmission channel
Hy (f) are determined by dividing the elements of the
30 numerator-side output vector A’ (n} by the elements of the

dencminator-side output vector B’ (n) according to formula

{(7):



reduces the volune of cal cul ations by conparison with the 25 usual

di screte Fourier transformation witholt a |loss of accuracy in the
results. The discrete Fourier spectra of the transm ssion channel Hk(f)
are determ ned b(y dividing the el ements of the 30 nunerator-side output
vector A (n) He zelpen‘é%ts/ gt” the ferdorinatorisi de dutput vector B (n)
according to formula (7) 14 Hk(n) = A (n) / B (n) for 0 <= n< NF (7)
Because of the periodising property of the discrete Fourier

t ransf or netdanse unideshe ededevi at i oospobptheybSospedkr dhsforemet he desi red

i deal characteristic occur in the éontextﬁ of the time |limtation of the

sanpl ed VAPWESSE wk f R A~ PhBA EE AR r ARPBSuEPHgE VWARdOWSt Gictifén. These are

known si n éél%@f’&ﬁi aligtehitgrat v éaegfﬂechs%@%rgfsft%t occ @ Spectral

broadeni ng of the spectrum- and the lattice 10 effect - a falsification

of the absut uteninembeef ofhéhtimsahphedavabues fotheheagpdetr wal ike

mnimse these | eakage and |attice effects, the discrete. Fourier spectra
ot e R SOotn CRRARGROFKERT a6 BrBREHahLy Vgt Chag i

optim sedyhipglov, feRet §98cFLD) stt herEerm:0L WhI ehel 9 b adaptraddio the
nmodul ati on signal used. Determni n% the w ndow function F(n) represents
0

t he cont enta ofpprbtedubabadenage SioBheTerepplement atide b ditbitigeor the

il g1 cgbionof L. diset e, Ut et spachLuTLel rUhp ol ane sl on

w ndow- f upehp Ded vesl oés F6B) thYSkpecornRsSpoBdmtia itdie s engide Neadadde
di screte Fourier vector of the transm ssion channel spectrum Hk(n). The
el enents 26% tReCWFRIBHW EEREL | BRSVEEEBFCERNY CdFd Sds SPGTed fast the

transmissicn channel Hyx(n) are preferably weighted with an
optimised window function F{n}, the form of which is

15 adapted to the mecdulation signal used. Determining the
window function F(n) represents the content of procedural
stage S103. To implement the weighting or the
multipliication cf the discrete Fourier spectrum cof the
transmission channel Hyl(n) by the window function F(n),

20 the length of the window-function wvector F(n) must
correspond to the length Ny of the discrete Fourier vector
of the transmission channel spectrum Hy(n). The elements

of the window function vector F(n) are assigned as

follows:
25
F(n) = 0 for 0 <= n <n;
Fin) = 0 for n; < n < Ng

F(n) # 0 for n; <= n <= n

30 The lower and upper threshold frequency n; and n; of the
window functicon F{n) are established in dependence upon
the modulation type of the signal to be transmitted,
because the modulation type determines the position and

the width of the discrete Fouriler spectrum of the



follows: 25 F(n) = 0 for O <= n<nl F(n) =0for n2 <n<NF Fn #0
for n1 <= n <= n2 30 The | ower and upk?er threshol d frequency nl and n2 of
the w ndow function F(n) are established in dependence upon the

nodul atign type of, the signal to. be transmtted, _because the nodul ation
[ype. det SRS THE TGS T Nt HEORF T RO ot t RESAFSErees RBAT or
spectrum@fe thefdp JIASM Ssd Ofe 51 9PAl geMBLGN£QRSH 8t 8naf rkheicarrier
and the useful signal, as yet nhot denodulated in the receiver 3, within
t he fregdency Wpace:hadofreaustmyy espddebalidr 8i ghableesgdeBwSB: Vesti gi al

Si de Band)., it. is_ advi e5 to set-nl.= 0_and, n2.= NF /[ 2.- whi | e
For o domiE i Bard St Grdr DTGP Rt RRRar e ApPrvagabLe

Modul ati @) sdihe;;set ti pgcshoul-dypreferably heind o0 andoniz-Nedke.

Vari ous mat hematical functions can be used for the choice 10 of w ndow
functi onXEM9Y dipgnde (ovier A Wpedrahreshdidlitndgulindylaktiand n2.
Wthin t fra rk t od ccording to the invention for

det er ni nihtflfbe the © na%nsceﬁou?%fésge%e}%%%n%% i'h a q)iarlr%gdlij%c_r reﬁFe?s'yst em a
wi ndow function F(n) corresponding to the forrmula (8) is 15 preferably
used: F(n)=a-hl cosl2)c.n ]+c.cosl4ff.L (8) The form.of the w ndow
function \%@(%O%ﬁﬂ%fél%mﬁ*ﬂ@l DONGHAPERICFA AR HBPPHI E8Fi Res FEEICEC
and/ o] 1,005 SPRECLT § r: USj a a . In the
next qgr og?criﬁ’&rla s"f’ age ésgljbﬁr} niﬁﬁg?d}gct}gfgei ﬁagi é?ﬁggégtrrghgfe%?%elﬁ
transm ssimrmwhraanetl: HdhhdeWWérthiinedhien framework of the method

according to the inventicon for determining the channel

impulse response in a time-discrete system, a window
function F{n) corresponding to the formula (8) is

15 preferably used:

_FM)=a—bwm{éx-nbn‘j+cco{%z-n_n]J (8)

n, —n Ry, =1y

The form of the window function F{(n) can be further
20 adapted in an applicaticn-specific and/or operation-

specific manner using the parameters a, b and c.

In the next procedural stage S104, the discrete Fourier
spectra of the transmission channel Hy(n) determined in

25 procedural stage 5102 are weighted to minimise the
leakage effects and lattice effects with reference to the

window function by multiplication using the formula (9).

H x(n) = Hy(n) Fi{n) for 0 <= n < Ng {9)
30
The frequency-limited, discrete channel transmission
function H'y{n) provides a suitable spectral function,

from which the discrete channel impulse response Iyx{n) can



25 procedural stage S102 are weighteg to mnimse the | eakage effects and
lattice effects with reference to the w ndow function by nultiplication
using the formula (9). Hk(n) = Hk(n)'F(n) for 0 <= n < NF (9) 30 The

frequengy-ljJp t]gﬂ, | SGI chf@p@ é{g\g L 551 functior H k(n)
provi des adsetrjelet a nee%Specﬁlg? uncﬁ on, ?P%)%ét&g?%h tﬁe di screte channel
i npul se iresponselilddmdtcdrodbi ebet det ef ormedi on. pfbeedisakeskage S105 by

nmeans of . inverse discrete Fourier transformation. The dis¢crete channel
i npul se FESPBHs TN i L TR at'edaccordi gt eF neCFor mfa £40) 5 -1
Lk(n) - He (K).8]A4t4 ¢ll\<_lﬁ for 0 <= n < NF (10) k=0 To achi eve a neani ngful
i nprovenent 1n the efficiency of <calculation, the fast Fourier
transformation (I FFT, 10 Inverse Fast Fourier Transforn) can al so be
used, in the sane manner as the discrete Fourier transformation in

f ormul ae _NF—I (.6, @t dhe i nverse,discrete. Fourier ransfornati on
accor di r{gg’fs%— gﬁu%"(’lo). 15 To J“g?res(tjanf_tﬁegdli\?’écret e ((::ng;nnel i npul se

response lk(n) in a graphic formuseful to the user when inplenenting

servi ce neasurenents, additional signal processing stages nust be

carried TautacHieddis omexdful nimpfovrshepar inothepeotedueakysttdge 5106,

absol ute nunbers are fornmed from 20 the corrgl ex interpolation points of
A

the chafifelHbul st Fegpbide TRERIST ThE* PRt BFPBFAPRON [dilnt s of the
changel 1 yBlSerd SSPANSE: d K (M ant BErk PVELNOL1 VBT B8 TBYAPCin the

same manner as the discrete Fourier transformaticn in
formulae (5) and (6}, for the inverse discrete Fourier

transformation according to formula (10).

15 To present the discrete channel impulse response Ix{n) in
a graphic form useful to the user when implementing
service measurements, additional signal processing stages
must be carried out. In this ccntext, in a first part of
procedural stage S106, absolute numbers are formed from

200 the complex interpolation points of the channel impulse
response Iy(n). The interpclation points of the channel
impulse response Iyx(n}, the level of which may be
scattered over several decades, are also logged to
provide a meaningful presentation in a semi-logarithmic

25 scale. The formation of absolute-numbers and
logarithmation of the discrete channel impulse response

Ix({n) is carried out using the formula (11).

IK: leg, unscaled{n) = ZO*logle (IIK(H) I) (11)
30 for 0 <= n < Ng

For a comparison cf the level of individual interpolaticn
points of the channel impulse response Ix(n) in a graphic

form, a scaling of all interpolation points with a



scattered over several decades, are al.so |ogged to provide a nmeaningfu
presentation in a sem-logarithmc 25 scale. The fornation of
absol ute-nunbers and |ogarithmation of the discrete channel inpul se

response _ lk(n) is carried out_usi for a . {11). L | og,
unscaled@hzg%}%ﬁﬁ?d% om?eF?fn§slsfggﬁ%€g“381$§% bgg:%ﬁxiﬁﬁE For a
conpar i samifrgdieat eyvel point ndf videgathanhel pohptii 88 rpebbBhseofr (Hg

channel inpul se response Ik(n) in a graphic form a scaling of al
i nt er pol at9%TE TO1 hE s2ni APPECAYIaFof 6P ERERNPar AABEBELRES  pt&Fosed. Since

t he maxi ] t+on point of the chans i mpul response.l k(n)
represen&ggalnﬁ%g‘?%?a ]él?gefué?céjﬁ(‘%’é”a’bal‘r%an%?@%'t h%p lh%%l Iﬁgﬁ?vg ﬁ% 1 k, | og,
unscalsed,gmxlis moughdurah $hegeaexlopar trémohll hy; prioceduoabt sbage 5106,
fromall NF interpolation points of the channel _i npul se response |k, og,
unscal ed@)iCtsidly e Formuta {I2YLSEKkIeFBESEnseabedmmaxesd Thax { 1Kk,

| og, uns Mhe £ 140,491 0 <= n < NF The scaling of the unscal ed
interpolg%?%ﬂgpg?ntééﬁ%ut%e( cLanneI i mpul se response |k, | og,unscal ed (n)

with reference to the maxi muminterpolation point |k, og,unscal ed, max
can be seen 15 with reference to farmula (13) gk | og (25 ~ 1k, log,
unscal ed(n) - PR%EOQFCWWééﬁféd?ﬁﬁ%%%lsyﬁuFﬁf”@ < NE230 In the
conteyt of serwyicegneasyrengnts in practice, a plurality of echo

i mpul ses are often contained in the channel inpulse response, which can
then no | onger be handled by the service personnel. A reduction of

informatign, selectings {QL &XaUPi&s #.88L58%ation points of the
channel impulse response Iy i1og,unscarea (N) with reference to
the maximum interpolation point Ty 1cg,unscaled, max Can be seen

15 with reference to formula (13)

Ik,log(n) = Ik,lcu_:;, unscaleg (1) — Ik,log, unscaled, max (13}

for 0 <= n < Ng

20 In the context of service measurements in practice, a
plurality of echo impulses are often contained in the
channel impulse response, which can then nc longer be
handled by the service perscnnel. A reduction of
information, selecting, for example, a sorted

25 presentation on the basis of the 10 largest echo signals
is therefore meaningful in this context. Accordingly, the
next procedurzal stage 5107 contains a search for local
maxima of the scaled interpolation pcints of the channel
impulse respconse Ix{(n). The method according to the

30 invention for searching for the local maxima of the
channel impulse response Iyx(n) and sorting the maxima
obtained according to the size of their zbsolute number
is shown in Figure 5 and will be explained in greatex

detail in a later section.



25 presentation on the basis of the 10 |argest echo signals is therefore
meani ngful in this context. Accordinfly, the next procedural stage S107
contains a search for local maxima of the scaled interpolation points of
t he channel inpul se response Ik(n). The nethod according to the 30
invention for searching for the |ocal maxima of the channel inpulse

response. k{1 rid . i - i ped LAgt.0 e size of
their aggol ut ee%%)lzér) é% s’s OW:IL’I(E[?%(] lg?%]l]?g&g gﬁdo%giE?Eg'ng%gl gl}l%ed in
greater tmetsailssivra daetebectt ohs A8re Toelletect the geegsaphical

position of obstacles in the transm ssion channel, it is nore relevant
for the REFHATEEL pet sHrfei™tie® delter RP hESPRe N EorFeSpEharfA§ Aitstifice of the

5 obst aches {40 the,curgent, poshii ons of ; the, robp ey aeasur enent
recelver, i1nstead of determning the tine of reception of the echo

si gnal s mpereratezh byr¢dwi obst athesead The Hetatmdning theetafnet bd | ar gest
echo signals of the hannel inpul se response I k(n),. as determned in the
10 precg‘iﬁ‘?fdjtﬁeﬁq %ff_ft T s© %cgg%’?%fss?%ﬁ%Fangcgﬁvgpleeagsi ﬁl_CT?ﬁ_e next
part of 1t 5 ftAgesn i M ocihe &9rEespondingt Qbﬁ&agggnmsmkt kpkyi ng the

| ocation in time by the transm ssion velocity. 15 I'n the last part of

t he procBdlrmdl stgel 51 07esphese glaphic aepiesembredninftite discrete
channel inpul se re n I ). finall ak | ace as_sho in.Eigure 1.
The r agti S S e TS n SR P Ro Bt e TR he den e o0 A he

gr aphi ¢ #regimmsxid Gya ttheo Priaphs cs paeseniat bovhef cothespbaanely i npul se
response I k(n) with a tapbular listi ng of  the ten nunerically |argest

i nt er pol%td GH Gfoi it bt IRhelRBakhel IPRPLLCR fBspoREePVKkERE shown in the

tabular ¢ransmission velocity.

15 1In the last part of the procedural stage S107, the
graphic representation of the discrete channel impulse

rasponse Ix{n) finally takes place as shown in Figure 1.

The graphlc representaticn shown in Figure 1 contains

20 within the graphic region 10, the graphic presentation of
the channel impulse response Ix{n) with a tabular listing
of the ten numerically largest interpolation points of
the channel impulse respcnse Iyx(n) shown in the tabular
region 20, by way cf example. The graphic region 10

25 contains a semi-logarithmic diagram with an ordinate axis
11, which has & logarithmic scale with the unit dB and is
the reference axis for the level of the interpolation
points cof the channel impulse response Iy(n), and an
abscissa access 12, which has a linear scale with the

30 unit pus and is the reference axis for the location in
time of the interpclation points of the channel impulse
response Iy(n}. In this semi-logarithmic diagram, the
individual interpolation points of the channel impulse

response Iy(n) are positioned as level bars 13, whose



region 20, by way of exanple. The graphic region 10 25 contains a
sem -logarithmc diagramwith an ordinate axis 11, which has a
| ogarithmc scale with the unit dB and is the reference axis for the

| evel of é{)eggqﬂﬂg eécPPié‘é'%Si %:%&hi’évébgi gpanpegl i}qge\%b%%aftﬁ%ﬁ’@”se Lk(n),

and an Ssa acces as a near sca th the 30 unit s
and is thainreferencehaxpssiotot henl okat kbacipsatlfe ehithe interpol ation
poi nts of the channel inpulse resgonse.lk( ). In this sem-lqgarithmc

di agram QA SIRRING deal TRt er boFatoh pBi hi&Sof 1FhE ERARRSICITHR se

response k() -'q{eﬁkpé)stl[é}.in?ﬂgp f‘éc%l&‘{?' - Rar s A3nuphesealdy hehghts

correspond to the lTevels of the I'nterpolation points at "the position on
t he absciissse g2l amhich pecontespdOndset ohbheel Lopafkenriesponme Ikhna
three-columm table in the tabular region, the ten nunerically Iaagest 5

e
i nt er pol &LPYPTITRECEH TP ChannelSP nPUFSBIr ESFOREESI RCAP T4 ©

present ed, sior tad b N, descendi NG, seqyense ageordiog te1ykheidorahkselut e
nunerical value. The first columm contains the sequential order; the

second cdlhamsapmai hsl thedenbsohat eenaneroofimhhechéwvens ame the third
colum 10 .contains the locatjon in_tinme_of e ipterpolation point of
the chanrigi>g s %ﬁoﬁgek??(%?ve;S ﬁﬁﬂt%gﬁe§géﬁgvgoan@0nnection with
procedur dorstages SHO71otHeisHbinouihBesFothseaneBirpg 168k od keGalt maxi mum
15 of the interpolation points of the channel inpulse response Ik(n),

whi ch is 9 Itst reheeneh Frgateesrepeginas Lk procedural stage S110 with
the calculation of the first derivation Ik' (n) of the discrete

interpolation point sequence |Ik(n) of the channel inpulse response using
20 the f®ramnent{ildh)ed above in connection with procedural stage

5107, the sub-routine for searching for a local maximum

15 o¢f the interpolation points of the channel impulse
response Iyx{n), which is illustrated in Figure 5, begins
in procedural stage S110 with the calculaticn of the
first derivation Iy’ (n) of the discrete interpoclation
point sequence Ix(n) of the channel impulse response using

20 the formula (14).

IK,log’ (n) = Ik,log(n"l'l) - Ik,log(n) (14}

for 0 <= n < Np-1

25 In the next stzge S$S111, the second derivation Iy’ (n) of
the segquence o¢f discrete interpolation pecints Ix({n) of the
channel impulse response is calculated using the formula

(15) .

30 Tk, 100" " (1) = Ix,10¢" (n+1) — Ix1eg" (n) (15)

for 0 <= 1n < Ng-2

After the running variables “number” fcor the local maxime

of the interpolation points of the channel impulse



K, log" (n) = Ilk,iog(n+l) - Ik,iog(n), (14) for O <= n < NF-1 25 1In the
next stage 5111, the second derivation Ik''(n) of the sequence of
di screte interpolation points Ik(n) of the channel inpulse response is

cal cul ated using the forrmula, (15). .30 IK, 1og!" (n) =1k, 1ag (n+l)

TR oo CAPTOIBE Tgrlo SEir e SRAre g i iy ki S es - number
for the ljoqal Jrudimon glothes idt erpol atdone poinbs19E thepehaenel (hppul se
20 response I'k(n) , which have been found, and n for the interpolation
poi nts ofhartee erenniet Lt plul sed rleis pomsel & ( ndn haveibeehsi Atiraksed by
zeroing, an inquLQ¥1is carrjied out. on tPe_bagis of,g.ﬁugstkgn regar di ng
whet her (e % Ut dg Vari%ble RT3 188sT Than NI - V235 "t est'abl i sh

whet her ormatngldatTHiETHP0l atd ore Poi Mk sn have- been ¢ idwegiigahed in the
search for a local maximum In the case of a negative answer to the

i nqui ry, YWheidrocedurzdt sthgen e lahion opal nhaixharcoPeeRe i nt erpol ati on

points 1Q I k(). e el _1i I respo und i n e arch
procedurgnv‘\ﬁ!%t%&tc‘ﬁget%/é;lhéh%gé; zll?én%@gn%%f h% F%E(‘D:%all i%%xfjﬁmlﬂfi r&rgl Egl% n(n) are
sorted accardid®) 4 nddet sSvearpdwd hetc abisol ubheunupber nmaxokedhrals In the
case of a positive answer_to the inpquir t he next uestion, regarding

mhgthertﬁﬁ§9¢r%ﬁlﬁerﬁ@%¢4%ﬁﬁ}'W§¥%ﬁﬂrﬁg,Bmeph%tgéaagﬁEéOBfpPﬁP@ﬁpolation
poi ntyg between Jede zampling it 'i%l%@%s’bﬂnékélog a &L 0z and -phet her,

at the sane tine, the second derivation’l™ of the 20 sequence
of interpolatedurpoiitls ate thelsanphk nh(v) nend+thei $obessonham zero,
deternlnﬁgjﬂgﬁﬁggjn n§0§§% Qg%éggn%égording to the size of the

absolute number max I(n).

15 In the case of a positive answer to the inguiry, the next
guestion, regarding whether the first derivation I’y 109(n)
of the sequence of interpolation points between the
sampling times n and n+l is equal to zero and whether, at
the same time, the second derivation I77y 105(n}) of the

20 sequence of interpolation points at the sampling time n+l
is less than zero, determines whether a lcocal maximum is
present between the two sampling times n and n+l. In the
event of a positive answer to this inguiry, the next
element of the vector max I (number) for the absclute

25 numbers cf the local maxima found is assigned, in the
following procedural stage 35112, to the absolute number
of the interpolaticn point Ix{n) just determined using

formula (16).
30 Max_I{number) = TIy10(n) (16)
In the next stage S113, the next element of the vector

max_ n{number) for the locations in time of the local

maxima found is assigned using the formula {(17).



present between the two sanpling times. n and n+l. In the event of a
positive answer to this inquiry, the next el ement of the vector max

| (nunber) for the absolute 25 nunbers of the | ocal maxima found is
-assigned, in the follow ng procedural stage S112, to the absol ute nunber
of the interpolation point Ik(n) just determ ned using forrmula (16). 30
Max- | (number) g LkylQggne-§ 16) n1 @ phe next stage S113, the next el ement
of the vector max_n(nunber) for the locations in time of the | ocal
maxi ma found is assigned using the fornmula (17). 21 Max n(nunber) = n +
0.5 Thi s denotes t hat %Fe ngnber-th maxi num s present exact%% 5. bet ween
n and n+1'DPFoCeRErfg bRFhENPORIFPIE "andter ity theP a8t haf®dCndui ry
is ended by oerepepbkng+thep rbuaBkRggvaki able porumies’ Jrofydhe d ocal
maxi ma found. The end of this processing sequence, and al so a NEGATI VE
10 answertho® thettasrednguipyryl eadsntedabluriticeershddkia dchalet ernine a

i bl | l i tw t int l.at i i.nt t t |
e n antiofai S WRFERCTE. NOEPea S extB Iy Pt FRS MiedEe bt woen t ho-

two points n and n+l, if the product of the first 15 derivation
I'k,Iog(n% of the interpolation point sequence at the sanpling tinme n
and the fireteddrpfathdA ProReFEELA+ERIBENCRe Ao g6t ﬁﬁﬁ%ﬁE
%ﬁkggsane

sequepce af LAE . sappLing.Lig i% |s)legs than zerq aél‘d’crfet
time, the second éerlva?lon ?qu, Xg 6n) of the %%‘i%}erpo at'1 on point
sequence atttheisanpl pngstbie docsal hessmbhabezeren ltwd he case of a
positive answer io the inquiry, the next ) ,
Interpcolation polnts” at the sampling time n and n+l,
which 1s not located exactly in the middle between the
two points n and n+l, if the product of the first
15 derivation I’y 109(n) of the interpolation point sequence
at the sampling time n and the first derivation
I'x,109({n+1l) of the interpclation point sequence at the
sampling time n+l is less than zero and, at the same
time, the second derivation I’y 14{n) of the
20 interpolaticn point sequence at the sampling time n is

iess than zero.

In the case of a positive answer to the inquiry, the next
element of the vector max n(number) of the location in
25 time of the local maximum found is determined in

procedural stage S114 using the formulae (18), ({(19%) and

(20),

derivation left = 10%, 104" /2%9-10%, 104" /2" (18)
30

derivation right = 10%, 155" /2%=10%, 150" 7%°  (19)

derivation _left +0.5  {20)

35 max_n(number)=n————— .
derivation _right — derivation left



el ement of the vector max n(nunber) of the location in 25 tine of the
| ocal maxi mum found is determned i n™" procedural stage 5114 using the
formul ae (18), (19) and (20), derivation-left = 101K, |l og(n+l)/20_101x
- log(n)/20 (18) 30 derivation right = 101x, | og(n+2)/20_101x, | og(n+1)/20
(19) derivation left 35 max n(nunber) = n -+0.5 (20) derivation_ right

-derivatiomrodedtr22 stagprocedyr ahestiage 8lihenthe mexie eleymt of the
vector nax Ignunberz is assigned to the absol ute nunber of the |ocal
h

maxi mumMastine (RSIPGE t hes f of fifacd2ty. tBevakspligrbamynlen |of dden) (21)
Processin e. POSI T| VE_al - t - iknquiry is ended by
increnenC%ﬁéffl%gg%ﬁ%i%%uggrﬁébﬁg *ﬂ%n%gi&Uﬁ%gq?% ‘the | ocal maxim
found. As a final calculation of the algorithmaccording to the
invention, in the_case of a POSITIVE answer and a NEGATIVE answer to the
| ast - naned i néFry (RERREF Unfii Ay 146 Variabl e n for the i4iter pol ation
points of the channel inpulse response Ik(n) is increnmented for the

i nvestigation of the next interpolation point and branched back to the

i nput ofPtdeedsist thquPP§IT2UETheswenetresokulliaen -ofantste iropalryraxi ma of

the interpolation points of the channel inpulse.r onse |k can be
S oni 1 ConE TS T HOPBaShHt GFERCLHE EaPcarart.Ofs v ocdrin o GUE4T br ocedur o

st age 5144 of nt hec Bt h@dx ikl ¥sthrated in Figure 5, if the |ocal maxi mum
i s not

ARs a final calculaticn of the algerithm according to the
invention, in the case of a POSITIVE answer and a
NEGATIVE answer to the last~named inquiry, the running
15 variable n for the interpolation points of the channel
impulse response Iy(n) is incremented for the
investigation of the next interpolation point and

kranched back to the input of the first inguiry.

200 The time resolution of the lgcal maxima of the
interpolation points of the channel impulse response Ix(n)
can be significantly increased with the calculations
carried out in procedural stage £114 c¢f the method
iliustrated in Figure 5, if the local maximum is not

25 located exactly in the middle between two sampling points
n and n+l. The method provides a possible scolution for
increasing the time resolution. The sampled values of the
first derivaticn Iy’ {(n) are approximated using a linear
traverse, of which the passage through zero represents

30 the exact position of the local maximum. A higher time-
resolution in the interpolation can be achieved by using
functions of a higher order {(e.g. spline functions or

parabolic sections).

35



25 located exactly in the mddle between two sanpling points n and n+l.
The met hod provi des a possible sol uti on’ f or increasing the tinme
resolution. The sanpled values of the first derivation Ik'(n) are
approximated using a linear traverse, of which the passage through zero
represents 30 the exact position of the |ocal maxi mum A higher tine-
resol uti oflianinstdhe i nterpol ati on can be achieved by using functions of a
hi gher order (e. g spIine functions or parabolic sections). 35 23

a . Metho dent  f t i ssi
channet " by TRAREoBT T8 opAGatt G dur4y . Fasir SHEH AHIDUGh Snal ysi s of

the channel LHEHlsﬁistﬁgﬁp@ﬁ%@in@lkm)}ne%fnstf&ﬁftﬂﬁﬁﬁd@aﬁ@&ﬂ—&é@é‘ﬁe' (2)
using a time-discrete adaﬁtive equal iser (21), which is connected in

series to thectpalsHEESI 6ATCeEnFelR Ly2)s Wi GHee td@q“umli seguie h t he

foll ow ng progce rI t m.n 1 IIRfiIter
coefficients ?aﬁg 8% éﬁizgﬁfs?gegﬁil E?Hporgiog§ gg% 91and e FIR filter

coef fi ci ent subny eftamaodlste@mesbw%phuh@e@qmynﬂgﬁr(220 of t he
time-discrete ~adaptive equaliser (21), - assignnent (5101) of a first
i nput vect or “['ACR) 2 FPBIESSEGned wicth SFertGs it F GRS B rifehen

corr espondi ngnLLRCHT Iber gagthi akentdoankaand.of, &y Soondh it vect or

(B(n)) pre-assigne zeros w th thé index-corresp filter
coeff|C|entsptb¢¢cumhéretagehe first vector el enent

- determination {(S100} of the IIR filter
coefficients (an) of a recursive filter portion ({(23)
and the FIR filter coefficients (bp) of a non-
recursive filter portion (22) of the time-discrete

adaptive eguaiiser (21},

- assignment (3101) of a first 1nput vector (A(n})
pre-assigned with zevos with the index-
corresponding IIR filter coefficients (a,) and of a
second iInput vector (Bin)) pre-assigned with zeros
with the index-corresponding FIR filter
coefficients (b,), wherein the first vector element
(A{0)) of the first input vector (A(n)) is defined

with the value 1,

- determination (3S102) of a first ocutput vector

(A" (n)) from the first input vector (A(n})) and of a
secend output vector (B’ (n)) from the second input
vactor (B(n)} in each case using the discrete

Fourier transformation,



(A(O)) of the first input vector (A(n)) is defined with the value 1, -
determ nation (5102) of a first outpyf vector (A (n)) fromthe first

i nput vector (A(n)) and of a second output vector (B (n)) fromthe
second input vector (B(n)) in each case using the discrete Fourier
transformati on rmation (5102) of the discrete channe

24 - fa
transniés?SﬁmFGﬁEFidﬁl@ﬁQ,Gﬁ)fhﬁyqﬁaﬂﬁﬁgﬁ;qqﬂ?ﬁﬁ%st out put vector
(A (n)) cbynthessecond output, vectar, £B (1)) sand :qdetgrmination (5105)
of the discrete channel inpulse response (I1}:(n)) fromthe discrete
channel cutpanswessioon PUrdet i ot y( Hie( Weccusi myttthe: iveerse  di screte
Fourier(hr Q?iogg%tion, - determnation (5107) of local maxima of the
channel |ngu e“response (lk(n)) according to location in tinme and -
conversion of the locations in time of the local maxim into ;
correspondi ng di stances of the obstacles relative to the position of a
nmeasur enefECCFBEBRYePTcORtEirni R thE eqealricdér 2NNy nultiplication by

the transm ssion.rate. 2. ;Met hodsaccording. i haracterised in
t hat thgﬁﬁpié% gﬁtguts3eétg? gf(n? §s£?%r%%%96§k%i§@%8 gﬁ Fouri er
transf ot matsmnsef otthéuhictsbni MputnyectoingAthy assegsed with the IIR

filter qoefficients ‘usin% the formyla: Y -1
discrete Fourler transrormation,

- determination (5107) of local maxima of the
channel impulse response {(Iy{n)) according to

location in time and

- conversion of the locaticns in time of the local
maxima into corresponding distances of the
obstacles relative to the position of a measurement
recelver containing the eqgualiser (21) by

multiplication by the transmission rate.

2. Method according to claim 1,
characterised in that
the first cutput vectcr A’ (n) is formed by discrete
Fourier transformation of the first input vector
A(n) assigned with the ITIR filter coefficients

using the formula:

| A it
/J‘{n):—[—-ZA{k)-cB JUREN Fopr ) <= n < Np

IS &k=0

that the second cutput vector B’ (n) is formed by
discrete Fourier transformation of the second input
vector Bi{n} assigned with the FIR filter

coefficients using the formula:



A (n)=- ,A(k).e for 0 <= n < N 4 =0.that the second output vector B (n)
is formed by discrete Fourier transformation of the second input vector
B(n) assigned with the FIRfilter coefficients using the fornula: 25 8
(n) _ B(k)-e" " y"%for 0 <= n < NF NL k~Oand the channel transnission
function Kk(m)y s ¥ otred: (€i"Ay the Poxmuba< Mr_ (n) = A (n) / B (n)
for 0 <= n < NF¥-wherein NF the nunber of sanpl ed val ues for the

di screte Fourier transformation, n the index, which determnes the
interpolatign ﬁoin s of .the out put .vectors, . ang15 éhe i ndex, which

det er mi ned"th&"Si it &PBoIati 8R°PorRts of “Pfd S hbdt: (VectSrs. 3. Met hod
accordi ngrtenanyuengqotnel abpsulat:o 2, characterised in that the conpl ex
channel inmpul se response Ik(n) is formed wusing the fornmula: N'-1 :
1,,(149)=Y, I11.(k)-e 2"" wherein Her (n) the channel transm ssion

function, NF the hupber , | ed val.ues for. the discrete Fourier
H ) _KQ ﬁg)dfoé Qﬁﬁp %o% QUes q < ﬂ]

t r ansf or nati’on, t i screte fréquency val ues,” and
wherein

Ng the number cof sampled values for the
discrete Fourier transformation,

n the index, which determines the
interpolaticon points of the output vectors,
and

k the index, which determines the
interpolation points of the input vectors.

3. Method according to any one of claims 1 to 2,

characterised in that
the complex channel impulse response Iy{(n) is formed

using the formula:

Ny -

]l; (I"') = Z [_lr;: {k) . (:"I-Z'Tk'”” Ny

k=0

wherein
Hr (n) the channel transmission function,
Ng the number of sampled values for the
discrete Pourier transfcormaticon,
& the discrete frequency values, and
n the index, which determines the sampled

values of the channel impulse response.

4. Method according to any one of claims 1 to 3,



n the index, which determ nes the sanpled values of the channel inpulse
response. 4. Method according to angpone of clains 1 to 3, 26
characterised in that after the determ nation (5105) of the channel

i npul se response (l1k(n)), the procedural stages of formation of the
absol ut echapheterkiogdr ihhmakiton and scaling (5106) of the channel

i npul se response Ikgn)),are,inpleneqted. 5. Method according to claim4
char act eff 588 Fhet HEtCERé RSBt i(6n Oof e IS SN B Sunber and

| ogarith L oR. ok -Lhe : an i e l,e. (n) are
i npl errengg%uugiengetEenf%%mgﬁg?phi k?ﬁ%g?%ﬁ%@gfég(ﬁ?gg%go ¥ 1 og10(11k(n)1)
6. Met hoflbaogordinnglt bhel abmelutehanateer i Sedam thmett tdre scal i ng of the

di screte channel .inp al ue lk(n) is formed by seeking the | argest
sanpl ed %%?u%ca#hn?eygzgéy SE §B§0F&?§“ﬁ3nﬁgfmﬁﬁf1dﬁ?ﬂﬁﬂgi | ed, max(n)
usi ng thg ol awWdna dpnetdoncql 4:, log, unsealed, ma:.. (n ) = max (I k.,

| og, unscaled (n) } and subsequent calculation using the fornula: 1k,
log (") = 1k., log, unscaled(n) - Ik, log, unscaled, max.(n) 7. Method

acgordiqg Egogn%igggdg%ggkgigﬁg%mtg 6, characterised in that, before thg

determ nation ( nel” 1inpul se response I,,:(n), a
wei ghti ngh45404¢rdéetihén channel transm ssion function Hk(n) with a
wi ndow function F(n? is inplemented in order to obtain a
the formatlofr of the absolute-numbear and

logarithmation of the complex channel impulse

response I.(n) are implemented using the formula:
Ik,log, anscaled b1V) = 20 % 10@]10(111-:(1'1) )

o. Method according to claim 5
characterised in that
the scaling of the discrete channel impulse values
Ipin) is formed by seeking the largest sampled value
in terms of an absolute number Ty, i1cg, unscaled,max (1)
using the following function:
I, 10y, unscaled,max () = Max{Ily 1og,unscaled (N}

and subseguent calculation using the formula:

I}:,log(n) = I}.:,loq, unscaled (D) — Il:,log, unscaled, max (11} .

7. Method according to any one of claims 1 to 6,
characterised in that,
before the determination (5105) of the channel
impulse response Iy{n), a welghting (8104} of the
channel transmission function Hp(n) with a window
function F(n) is implemented 1n order to obtain a
frequency-band-limited channel transmission
function H.' (n) using the formula:

B (ny = H.(n) © Fi{n).



frequency-band-limted channel transm ssion function H' (n) using the
formula: Hk'(n) = Hk(n) - F(n). 27' 8. Met hod according to claim?7
characterised in that the function F(n) = 0 for 0 <= n <=n,. F(n) =0
for n? < n < 1VF F%n%,v- O for ni <= n <=n2is selected as the w ndow
furfet i on, M@ ACCRTHhBIdEScFéfé™ fequency i ndex, NF the nunber of

sanpl ed valles-foritbe ;di spLete Fourier transformation, nl the | ower
t hreshol d frequency of the wi ndow function, dependent upon the

modul at i one t§pecofothe signal to be transmitted, and n_ the upper

t hreshol d fgfqyegcq of %he ﬁﬁggom1<tunction, dependent upon the

nodul ati on I§/pe of the gfg al""to be tfansmtted. 9. Method according to
claim8, chatacteyisedrbn thhat 4 he sy ndow function F(n) is fornmed using
the fornula: 17 1?1 F(77) =61 - ~7 . COS 2; T +C-CCS 4/T. 11, 171 177 -
17, J for mink= nl<= nforwherein® fthe discrete frequency value, a,b,c

freely selectable.pasanehers; dLer B.ALRGont NEKLLM Of the Wi ndow

functi on,
n the discrete frequency index,

Ny the number of sampled values for the
discrete Fourier transformation,

1901 the lower threshold frequency ¢f the window
function, dependent upon the meodulation
type of the signal to ke transmitted, and

ns: the upper threshold frequency of the window
function, dependent upon the modulation

type of the signal to be transmitted.

9. Method according to claim 8,
characterised in that
the window function F(n) is formed using the

formula:

n=n n—n
F(n)=u—h-cost 27 Ll cocod 4o ———
Fiy =, n, —n,

for ny <= n <= ng,
wherein
n the discrete freguency value,
a,b,c freely selectable parameters determining
the form of the window function,
13 the lower tThreshold freguency of the window
function, dependent upon the medulation

type of the signal to be transmitted, and



n, the lower threshold frequency of the wi ndow function, dependent upon
the nodul ation type of the signal £ be transmitted, and 28 n;- the
upper threshold frequency of the w ndow function, dependent upon the
nodul ation type of the signal to be transmtted. 10. Method according
to any one of dlad neoet otlbyesichad actetqiusedyi aft hat afhepwt he formation
of the absol ute nunber, Io arithmation d scaIEL (5106) of the channel
i mpul se responsél (T k(M) , TR i 1k o ?5@1@‘?)1 619-loﬁhe | ocal maxima of

the scal ed, sampjed yalues of ngretgh@@ngfaﬁgm@@dresponse (1k(n)) is
i npl enent ed according to absol ute nunber. 11. Method according to claim

10, char acterl sed in that the determ natl on (5107) of the | ocal maxinma

f, th d val f th | Ik
rpr S TG 1 TBU WD P OUGHUYH S5t aGBene. 1 BPmit i on (5110) of Lhe

first dﬂ{a{x\éﬂiﬁmg{éd( izﬁ)gthﬁfl) ) of the d| scr ete val ues of the channel
i npul se responseél) (n)), - formation (Sill) of the second derivation
(1k, | ogft&y) Hhof Qlff@*ai%%r%fetlv%tl Hesobiteheughainel inpul se response

(Ik(n)), dl 1%'{599 r@p&l&g]do% e b s nunber)) (5112)
and thel%qodclateult on intine ?rai; F\? §§jb f) Jl(Jgg%) &H?}Sﬁhg | ocal maxi mum if
the fiimgtuldey inedp@ree s{zero Jana tdee eseciorst ider | V&1 00N of

the local maxima of the scaled, sampled vaiues of

the channel impulse response {I,(n)) is implemented

according to absolute number.

11. Method according to claim 10,
characterised in that
the determination (3107) of the local maxima of the
scaled sampled values of the channel 1mpulse
response (I.(n)} comprises the following procedural
stages:
- formation (5110} of the first derivation
(In,10¢" (n)) of the discrete values of the channel
impulse response (Ip{n)),
- formation (8111} of the second derivation
(I, 10" " (n)) of the discrete values of the channel
impulse response (Iy(n)y,
- determination of the absolute number
(max I{number}) {(3112) and the location in time
{max n(number}) (5113) of the local maximum, if the
first derivation is zero and the second derivation
is negative,
- determination of the exact location in time
(max_n(number)) (3114) of the local maximum via
linear interpolation of the first derivation by

means of three discrete values (Iy 10¢(n), Ii 10q{n+l),



IS negative, - determnation of the exact location in time (max

re(nunber)) (5114) of the local maxinutmvia I|inear interpolation of the
first derivation by neans of three discrete values (lk,Iog(n),
I k,  og(n+l), 29 l k,log(n+2)), and of the associated absol ute nunber

(max_I ( ndmber § 5*%5&&5?“ foih ¢ o aFCRaRT RUNPOFPIVRE nﬁﬂ@@&bt of the first
derlvathgéjagzgyﬁh4gy qce@; 5§nq§ggg%9t(%£a Qﬁg%ﬁmﬁ % nd the second
& % so u

derivation are neg at|ve sorting e nunbers
(max_| ( npbei)): aﬂﬁtﬂheﬂunsﬂldﬂuauatﬂonﬁaaﬁrﬁwwmamgmmmat of the |l oca
maxi ma found, when the search procedure |s .conclude 12. Met hod

accordlndDFSLHQ%ﬁﬁHﬂ?]m%%ﬁfhc& ritsed i1 hdt® %9t he determination of

the | ocalicnaxima -of the \channel iqpul se response (11, (n) ) and the
conversion of the Iocatlons intine into corresponding distances, a

presentabi@nr@ﬁnghéqhhﬁ\wxmaTWEmbﬁﬂ%ﬂﬁﬁ imirgraod at i on- poi nt val ues of

the ch | d of the |ocal f th
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processoﬁEdFﬁTS@éﬁcﬁcﬁéﬁnéf‘ﬁ*%ﬁchqﬂ§chethod according to any one of
claims 1 to 12 is realised. 14. Conputer software product with
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12. Method according to claim 11,

characterised in that,

after the determination of the local maxima of the
channel impulse response (Ip(n);} and the conversiocon
of the locations in Time into corresponding
distances, a presentatiocn of the individual
discrete interpolation-point values of the channel
impulse response (Ixyin}; and of the local maxima of
the channel impulse response (Iy{n)) takes place in

graphic and/cr tabular form.

13. Digital storage medium with electronically-readable
control signals, which cooperate with a
programmable computer or digital signal processor
in such a manner that the method according to any

one of claims 1 to 12 is realised.

14. Computer software product with program-code means
stored on a machine-readaibhle medium, for the
implementation of all stages according to any one
of claims 1 to 12, when the software is run on a

computer or a digital signal processor.



stored on a machi ne-readabl e nmedi um fgr the inplenentation of al
stages according to any one of claing’1 to 12, when the software is run

on a

conputer or a digital signal processor. 30 15. Conputer software

wi th program code neans for the inplenentation of all stages according to

any one
digital

15.

of clains 1 to 12, when the software is run on a conputer or a
si gnal processor.

Computer software with program-code means for the
implementation of all stages according to any one
of claims 1 to 12, when the software 1s run on a

computer or a digital signal processcor.



